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Abstract 


This  report  presents  a  summary  of  work  performed  at  Lincoln  Laboratory 
aimed  at  Improving  the  Intelligibility  of  2.4  kbps  vocoders  to  be  used  In  USAF 
operational  environments.  The  distortions  present  in  some  of  these 
environments,  particularly  the  F-15  fighter  aircraft,  can  place  a  severe 
burden  on  the  speech  modelling  capabilities  of  contemporary  vocoders.  To 
study  these  effects  and  the  benefits  of  various  algorithmic  improvements,  the 
Diagnostic  Rhyme  Teat  was  used  as  a  means  of  providing  an  objective  measure  of 
relative  system  performance.  A  wide  range  of  areas  was  explored  through  the 
use  of  real  time  computer  simulations.  Including  the  effects  of  modified 
analysis  and  synthesis  techniques,  design  parameter  choices.  Interoperability, 
and  environmental  factors.  The  purpose  of  this  report  Is  to  assemble  and 
document  the  extensive  body  of  DRT  data  which  has  been  collected  and  thereby 
provide  a  means  for  the  selection  of  design  parameters  likely  to  lead  to 
Improved  vocoder  performance. 
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I.  INTRODUCTION  AND  BACKGROUND 


For  che  past  two  years,  Lincoln  Laboratory  has  been  Involved  in  a  major 
effort  to  Improve  the  quality  and  Intelligibility  of  2. 4  kbps  narrowband  voice 
equipment  to  be  used  for  Air  Force  air-to-air  and  air-to-ground 
communication.  Although  contemporary  2.4  kbps  vocoders  provide  satisfactory 
performance  when  talkers  are  restricted  to  a  relatively  quiet,  distortion-free 
environment,  conditions  In  typical  USAF  airborne  environments  are  considerably 
less  benevolent.  The  combined  influences  of  noise  cancelling  microphones, 
oxygen  facemasks,  aircraft  audio  systems,  and  high  acoustic  noise  levels  place 
a  severe  burden  on  the  speech  modelling  capability  of  even  the  best  narrow- 
band  vocoders.  A  significant  portion  of  the  effort  engaged  in  by  Lincoln 
Laboratory  has  been  directed  toward  an  Identification  of  the  sources  of 
degradation  encountered  within  Air  Force  platforms  and  an  evaluation  of  their 
effects  on  vocoder  performance.  As  a  result,  extensive  data  has  been  gathered 
characterizing  the  noise  field  In  the  F-15  fighter  aircraft  In  a  variety  of 
flight  conditions * 1 1 ,  and  the  noisiest  of  these  has  been  chosen  as  the  basis 
for  vocoder  performance  evaluation  studies. 

The  measure  chosen  for  quantification  of  system  behavior  Is  the 
Diagnostic  Rhyme  Test.  Although  no  definite  link  between  results  of  the  DRT 
and  user  acceptability  has  yet  been  established,  the  DRT  nevertheless  provides 
a  means  for  comparing  the  performance  of  a  variety  of  systems  In  a  repeatable 
and  objective  fashion.  Three  speakers,  all  former  or  active  Air  Force  pilots, 
were  chosen  aa  subjects.  Each  speaker  was  required  to  read  the  DRT  word  lists 
while  wearing  the  standard  pilot  headgear  containing  an  oxygen  facemask  and 
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M101  noise  cancelling  microphone.  The  ORT  data  gathered  using  this  talker 
base  are  self-consistent  and  provide  a  useful  means  for  comparing  the  relative 
performance  of  the  vocoder  algorithms  tested.  However,  other  studies 
employing  ORT  results  use  a  different  talker  base  and  considerable  caution 
should  be  exercised  when  attempting  to  compare  the  absolute  ORT  scores 
contained  In  this  report  with  those  reported  elsewhere. 

The  severity  of  the  operating  environment  and  the  subsequent  low  DRT 
scores  achieved  using  available  narrowband  algorithms  led  to  an  extensive  and 
wide-ranging  Investigation  of  the  many  issues  Involved  In  vocoder  design. 
Candidate  algorithms  were  evaluated  using  signal  processing  digital  computers 
which  permitted  the  development  of  real-time  vocoder  simulations.  It  is  the 
purpose  of  this  report  to  assemble  and  document  the  extensive  body  of  DRT  data 
which  has  been  collected  and  thereby  provide  a  means  for  the  selection  of 
design  parameters  likely  to  lead  to  improved  vocoder  performance. 

Preliminary  experiments  performed  during  the  Initial  phase  of  the  project 
Indicated  that  the  performance  of  modern  LPC  vocoders  was  severely  compromised 
by  the  F-15  environment.  Scores  for  these  systems  fell  In  the  70-75%  DRT 
range.  It  was  not  clear  whether  the  low  score  was  the  result  of  a  deficiency 
In  the  linear  prediction  spectral  modelling  process  or  to  a  sub-optimum  choice 
of  design  parameters.  The  need  for  a  resolution  of  this  issue  led  to  the 
development  of  an  experimental  LPC  vocoder  incorporating  a  90  Hz  frame  rate, 

5  kHz  audio  bandwidth,  and  unquantlzed  coefficients.  This  high  quality 
vocoder  achieved  a  DRT  score  of  84.7%  and  thus  demonstrated  that  no 
fundamental  deficiencies  In  the  analysis-synthesis  model  existed  which  would 
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preclude  satisfactory  vocoder  operation  in  the  heavily  degraded  F-15  audio 
environment.  A  similarly  designed  high  quality  channel  vocoder  produced  about 
the  same  DRT  score,  indicating  that  a  variety  of  analysis-synthesis  methods 
are  available  for  use  under  these  conditions.  Subsequently,  considerable 
effort  was  directed  toward  a  careful  examination  of  the  effect  of  the 
individual  design  parameters  on  vocoder  performance  and  a  determination  of  the 
relative  contribution  of  each  factor  to  intelligibility.  These  included 
signal  conditioning,  audio  bandwidth,  frame  rate,  LPC  model  order,  and  coding 
strategies.  Many  analysis  techniques  were  evaluated,  including  time  and 
frequency  domain  linear  prediction,  pitch-adaptive  analysis,  and  high  accuracy 
LPC  parameter  extraction.  Synthesis  methods  which  were  explored  involved 
continuous  interpolation,  multiple  acoustic  tubes,  filter  banks,  and  spectrum 
flattening.  The  DRT  scores  achieved  by  systems  incorporating  many  of  these 
variations  are  presented  in  Section  111. 

Another  Important  element  in  this  study  was  the  restriction  that 
modifications  incorporated  in  any  proposed  2.4  kbps  vocoder  not  preclude 
Interoperability  with  the  proposed  DoD  narrowband  system  standard^!. 

Implicit  in  this  requirement  is  the  fact  that  the  data  stream  produced  by  a 
candidate  system  be  consistent  with  that  defined  by  the  proposed  DOD 
standard.  An  early  experiment  performed  under  this  program  concluded  with  the 
determination  that  the  standard  algorithm  resident  in  the  ITT  Multi-Rate 
Processor  terminal  underwent  a  more  severe  loss  in  ORT  (71.7%)  than  did  the 
Lincoln  Laboratory  baseline  non-interoperable  system  (75.2%).  This  result 
initiated  a  study  aimed  at  providing  an  improvement  capability  within  the 
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limits  of  interoperability.  A  modest  Improvement  was  achieved  by  modifying 
the  audio  signal  conditioning.  Advanced  synthesis  techniques  employing  filter 
banks  and  spectrum  flattening  yielded  a  2-3  point  increase  in  the  DRT  score 
without  affecting  interoperability.  A  near-interoperable  system  which 
required  replacement  of  the  forward  error  control  bits  with  parameter 
Information  produced  another  increase  in  the  DRT.  More  sophisticated 
narrowband  systems  have  also  been  demonstrated  which,  though  non- 
interoperable,  have  achieved  DRT  scores  above  80%. 

Section  II  of  this  report  represents  an  attempt  to  organize  and  highlight 
the  results  in  a  manner  which  illustrates  some  of  the  significant  conclusions 
which  have  been  drawn  from  the  study.  Of  particular  importance  is  the  effect 
of  model  order  and  signal  conditioning  on  Interoperable  vocoders.  Also 
discussed  are  results  relating  to  corrupting  factors  present  in  the  F-15 
environment  such  as  the  acoustic  noise,  oxygen  facemask,  and  audio  system. 

The  results  of  experiments  designed  to  determine  the  effects  of  audio 
bandwidth,  frame  rate,  and  coding  on  narrowband  vocoders  are  considered 
next.  Finally,  the  outcome  of  a  series  of  experiments  is  presented  in  which 
various  analysis  and  synthesis  techniques  are  combined  in  an  attempt  to 
Improve  overall  Intelligibility.  Section  III  presents  a  comprehensive  listing 
of  the  DRT  scores  obtained  thus  far.  It  is  hoped  that  the  availability  of 
this  data  base  will  prove  useful  to  other  Investigators  engaged  in  vocoder 
research. 
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II.  ANALYSIS 


Fig.  1  illustrates  the  results  of  a  series  of  experiments  designed  to 
quantify  the  effects  of  various  environmental  factors  on  vocoder 
performance.  The  first  set  of  scores  (REF)  relates  to  vocoder  intelligibility 
under  high  quality  noise-free  conditions  and  serves  as  a  reference  against 
which  other  scores  may  be  compared .  The  remaining  scores  demonstrate  the 
Influence  on  vocoder  performance  of  the  oxygen  facemask,  simulated  F-15 
acoustic  noise,  and  a  JTIDS  Class  2  terminal  audio  card  designed  for  an  F-15 
aircraft.  The  scores  for  the  mask  in  noise-free  conditions  indicate  that 
although  unprocessed  speech  intelligibility  suffers  somewhat,  the  additional 
ORT  loss  due  to  narrowband  analysis-synthesis  is  no  different  from  that  of  the 
reference  condition.  Thus,  the  ability  of  LPC10  to  model  the  speech  signal 
does  not  appear  to  be  compromised  by  the  presence  of  the  mask.  However,  the 
next  set  of  data  demonstrates  the  adverse  effects  of  acoustic  noises  although 
the  decrease  in  intelligibility  of  the  unprocessed  speech  is  relatively  small, 
the  loss  resulting  from  LPC10  is  substantially  increased.  The  final  sets  of 
scores  illustrate  that  the  presence  of  the  low-  and  high-frequency  rolloff 
characteristics  introduced  by  the  JTIDS  audio  card  do  not  lead  to  a 
degradation  in  vocoder  performance. 

Fig.  2  attempts  to  Illustrate  the  effects  of  two  key  features  of  the 
proposed  DoD  standard  2.4  kbps  system  on  the  intelligibility  of  processed 
speech  in  a  simulated  F-15  environment.  A  hardware  implementation  of  the  DoD 
standard  as  resident  in  the  ITT  Multi-Rate  Processor  (NSA  LPCIO  version  42) 
was  evaluated  along  with  a  Lincoln  Laboratory  LPCIO  vocoder 
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Fig.  2.  Effects  of  signal  conditioning  and  model  order  in  F-15 
environment . 
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Implemented  In  software.  The  DoD  standard  performs  digital  pre-emphasis  at 
the  transmitter  and  digital  de-emphasls  at  the  receiver  and  applies  a  4th 
order  linear  prediction  spectral  model  to  the  speech  signal  during  unvoiced 
frames.  The  DRT  scores  illustrate  that  the  choice  of  signal  conditioning  In 
an  interoperable  system  can  lead  to  improved  intelligibility,  particularly  If 
full  analog  Is  used.  Furthermore,  not  only  is  a  significant  Improvement  In 
DRT  scores  obtained  by  using  a  full  10th  order  spectral  fit  during  all  frames, 
but  the  choice  of  signal  conditioning  within  such  a  system  Is  aot  critical. 

It  is  conjectured  that  although  a  reduced  order  model  may  be  sufficient  for 
use  in  conjunction  with  high  quality  input,  the  presence  of  high  levels  of 
ambient  noise  In  the  case  of  the  F-15  requires  higher  order  modelling 
capability.  Also,  the  choice  of  model  order  depends  on  a  voicing  decision 
produced  by  the  pitch  detector  under  conditions  where  this  system  may  not  be 
totally  reliable.  It  should  be  noted  that  while  the  4th  order  systems  are 
fully  Interoperable,  those  using  a  10th  order  model  technically  are  not. 

Fig.  3  illustrates  the  effects  of  various  design  factors  on  a  linear 
prediction  analysis-synthesis  system.  These  factors  include  frame  rate,  bit 
rate,  audio  bandwidth,  model  order,  and  parameter  coding.  The  very  last  set 
of  circles  present  the  scores  achieved  by  the  Lincoln  Laboratory  baseline 
system  and  represent  the  starting  point  for  this  project.  The  leftmost  scores 
were  achieved  by  using  increased  frame  rate  and  bandwidth  (and  hence  model 
order).  The  bit  rate  of  the  high  quality  system  was  then  reduced  by  applying 
the  frame-fill  strategy  proposed  by  McLamon^l.  The  resulting  2.6  kbps 
vocoder  produced  a  DRT  score  of  80.62  after  coding.  Since  this  system  scores 
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Fig.  3.  Effects  of  frame  rate,  bandwidth,  model  order,  coding 
and  frame  fill  in  F-15  environment. 


nearly  10  points  better  than  the  Interoperable  vocoder  Implemented  In  the  ITT 
Multi-Rate  Processor,  It  Is  considered  to  be  the  algorithm  of  choice  for 
applications  where  interoperability  is  not  critical.  Work  is  currently  in 
progress  aimed  at  reducing  the  bit  rate  to  2.4  kbps  using,  for  example,  vector 
quantization  schemes. 

Pig.  4  can  be  used  to  summarize  the  performance  of  the  "Extended 
Interoperable  Systems",  a  term  which  has  been  adopted  to  describe  a  class  of 
analysis-synthesis  algorithms  whose  serial  bit  streams  can  be  made  to  conform 
to  the  DoD  standard  but  which  do  not  utilize  the  conventional  LPC  analyzer  or 
acoustic  tube  synthesizer.  The  first  new  analysis  system  to  be  tested  was  a 
frequency  domain  LPC  algorithm^  which,  by  using  only  the  peaks  of  the  high 
resolution  spectrum,  was  expected  to  enhance  the  signal-to-nolse  ratio  of  the 
spectral  measurements  and  hence  improve  the  quality  of  the  spectral  fit. 

Pig.  4  presents  a  comparison  of  the  DRT  scores  achieved  by  the  frequency 
domain  (FDLP/LPC)  and  standard  time  domain  (LP/LPC)  linear  predictive  analyses 
when  combined  with  Identical  acoustic  tube  synthesizers.  The  results  Indicate 
that  the  frequency  domain  LPC  technique  does  not  produce  an  Improvement  in 
intelligibility. 

In  the  next  test,  the  frequency  domain  LPC  analyzer  (FDLP/LPC)  was 
combined  with  a  spectrally  flattened  channel  vocoder  synthesizer.)^)  As  shown 
in  Fig.  4,  the  use  of  the  flattened  channel  synthesizer  Introduced  a  three- 
point  improvement  in  intelligibility  as  measured  by  the  DRT.  Subjective 
judgments  obtained  during  informal  listening  indicated  that  the  synthetic 
speech  generated  using  the  flattened  channel  synthesizer  was  of  higher  quality 
as  well.  Although  this  result  was  obtained  in  conjunction  with 
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Fig.  4.  Effects  of  analysis  and  synthesis  techniques  on  vocoder 
performance  in  F-15  environment. 


the  frequency  domain  LPC  analyzer,  the  evident  correlation  between  the 
performance  of  the  time  and  frequency  domain  methods  of  analysis  suggests  that 
the  same  improvement  could  be  obtained  using  the  time  domain  analyzer  as  well. 

For  the  next  experiment  the  flattened  channel  synthesizer  was  retained 
but  a  channel  filter  bank  was  used  to  provide  the  spectral  information  for  the 
frequency  domain  LPC  analyzer.  The  system  (Filter  Bank/LPC)  produced  a  DRT 
score  of  78.3,  which,  as  shown  in  Fig.  4  is  essentially  the  same  as  that 
achieved  by  the  LPC  analyzer  (FDLP/LPC).  In  order  to  verify  the  fact  that  no 
information  was  lost  as  a  result  of  using  an  all-pole  Interoperable  spectral 
model  to  code  the  filter  bank  data,  the  results  were  compared  with  a  high 
quality  channel  vocoder  that  uses  the  same  26  channel  filter  bankB,  the  same 
flattened  channel  synthesizer,  but  standard  channel  spectrum  coding  at 
4800  bps^l.  The  score  for  this  system  (Filter  Bank/Chan.  Voc.)  was 
essentially  the  same  as  those  obtained  using  filter  bank  and  frequency  domain 
LPC  methods.  The  results  plotted  in  Fig.  4  demonstrate  that  while  an 
improvement  in  DRT  intelligibility  can  be  achieved  using  advanced  techniques 
at  the  synthesizer,  both  the  linear  prediction  and  filter  bank  analysis 
methods  are  equally  effective  in  the  F-15  environment.  It  is  interesting  to 
note  that  the  use  of  the  all-pole  model  to  code  the  channel  measurements 
reduces  the  channel  vocoder  data  rate  by  a  factor  of  2. 

As  a  result  of  the  study  of  extended  Interoperable  systems,  the  following 
conclusions  may  be  drawn  regarding  narrowband  vocoders  operating  in  the  F-15 
environment : 
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1.  An  analyzer  better  than  the  standard  time  domain  LPC  algorithm  has 
not  yet  been  found. 

2.  The  flattened  channel  synthesizer  produces  qualitatively  and 
quantitatively  better  synthetic  speech  than  the  standard  acoustic 
tube. 
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III.  DRT  Scores 


Key  to  Terminology 

Term 

Description 

LPC10 

Lincoln  Lab  Baseline  LPC  algorithm: 

-  10th  order  linear  prediction  using  autocorrelation  method 

-  180  sample  non-overlapping  analysis  frame 

-  Hamming  window 

-  45  frames  per  second  (fps) 

-  Gold  pitch  detector 

-  analog  pre-emphasis  and  de-emphasis 

-  acoustic  tube  synthesizer 

-  non-interoperable 

Interoperable 

Lincoln  Lab  interoperable  LPClO 

Dynamic  Microphone 

GR  1960-9801  1/2"  electret  condenser  microphone 

Facemask 

Air  Force  MBU-5/P  oxygen  facemask 

M101 

noise  cancelling  microphone  used  in  oxygen  facemask 

Max.  Likelihood  Pitch 

see  Reference  f7l 

P&D 

audio  pre-emphasis  and  de-emphasis 

Hitachi  Audio 

Hitachi  HD44212  CODEC  chip 

AMI  Audio 

AMI  S3505  CODEC  chip 

JTIDS  Audio 

SCI  Systems  JTIDS  audio  circuit  card 

Frame  Fill 

frame  interpolation  strategy  [3l 

LPCM 

Noise  Prefilter 

H! -AiJJJiiJsUuSIilHIIIIBIHttllMilllllilllflHHHMiHHHHHUHHH 

FDLPC 

frequency  domain  linear  prediction  analysis  [4] 

ChanVoc 

channel  vocoder 

Flattened  ChanVoc 

channel  vocoder  with  spectrum  flattening  T5l 

FlatVoc 

high  quality  channel  vocoder  T6l 

SEE 

Spectrum  Envelope  Estimation  TlOl 

DSVT 

Digital  Secure  Voice  Terminal 

NSA  V42 

ITT  Multi-Rate  Processor  using  interoperable  LPClO  (NSA 
Version  42) 

F-15 

F-15A  high  altitude,  low  level  flight  simulation  T ll 

Descent 

F-15  gradual  descent  condition  f  ll 

F-15A 

second  F-15A  simulation  f  ll 

F-16A 
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Condition:  QUIET.  DYNAMIC 
MICROPHONE 

m - 

PC 

Rif 

Avg 

Baseline  Systems 

Unprocessed 

98. 0  (0.54) 

98.8  (0.44) 

98.6  (0.27) 

98.4  (0.41) 

LPC10:  Uncoded 

90.1  (1.23) 

91.1  (1.28) 

88.1  (1.18) 

89.1  (0.98) 

LPC10 

88.0(1.15) 

90.5  (1.25) 

85.8  (1.18) 

88.1  (0.79) 

LPC12:  Uncoded 

85.0  (0.98) 

93.1  (1.42) 

88.5  (0.48) 

88.9  (0.83) 

Miscellaneous  Systems 

LPC10:  Max.  Likelihood  Pitch 

89.1  (0.68) 

92.4  (0.65) 

84.5  (1.07) 

'  88.7  (0.66) 

LPC10:  Pitch  Adaptive  Window 

84.9  (1.56) 

90.8  (1.83) 

84.0  (1.54) 

86.5  (1.49) 

Interoperable 

84.8(1.54) 

91.7  (0.98) 

86.8  (1.29) 

87.8  (0.97) 

Audio  Modifications 

LPC10:  P&D  out 

87.5  (1.28) 

89.1  (1.15) 

83.2  (1.41) 

86.6  (0.89) 

LPC10:  JTIDS  audio  card 

87.2(0.76) 

87.8  (0.83) 

86.8  (1.50) 

87.3  (0.72) 

LPC10:  Hitachi  audio 

87.0  (0.48) 

90.1  (1.02) 

83.5  (0.91) 

86.8(0.59) 

Condition:  QUIRT.  FACEMASK 

JH 

PC 

RM 

Avg 

Baseline  Systems 

Unprocessed 

BSfliilBI 

itgmwni 

LPC10:  Uncoded 

EK'SUESI 

Kiumuiui 

LPC10 

Kiifnwcgii 

wmam 

LPC12:  Uncoded 

jkJAKwmi 

gamma 

Miscellaneous  Systems 

— 

_ 

LPC10:  Max.  Likelihood  Pitch 

PH3HI 

Ki!UCKIi)l 

Audio  Modifications 

LPC10:  P&D  out 

BSHRESl 

Condition:  QUIET. 

BOOM-MOUNTED 

M101 

JH 

PC 

RM 

Avg 

Baseline  Systems 

Unprocessed 

94.4  (1.08) 

97.0  (0.67) 

94.9  (0.85) 

95.4  (0.61) 

LPC10 

75.4  (1.81) 

87.8  (1.02) 

79.9(1.51) 

81.0  (0.92) 

Condition:  QUIET, 
FACEMASIC+WINDSCREEN 

JH 

PC 

RM 

Avg 

Baseline  Systems 

Unprocessed 

92.4  (0.87) 

95.2  (0.79) 

93.8  (0.74) 

LPC10 

75.1  (1.77) 

78.0(2.07) 

76.6  (1.89) 
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Condition:  F-15  (I 


Baseline  Systems 


Unprocessed 


Unprocessed:  5kHz  BW 


Unprocessed:  3.8kHz  BW 


LPC10:  Uncoded 


LPC10 


LPC12:  Uncoded 


LPC12:  5kHz  BW.  Uncoded 


LPC12:  5kHz  BW.  2.4kbps 


LPC12:  5kHz  BW,  90fps, 
Uncoded 


LPC12:  5kHz  BW.  90fps, 
4.6kbps 


Frame  Fill 


LPC12:  5kHz  BW,  90fps  + 
Frame  Fill,  Uncoded 


LPC12:  5kHz  BW,  90fps  + 
Frame  Fill,  2.6kbps 


Aliasin 


LPC10:  4kHz  BW,  5kHz 
anl.filt.,  4kHz  syn.filt., 
45fps,  2.4kbps 


Audio  Modifications 


LPC10:  P&D  out 


LPC10:  JTIDS  audio  card 


LPC10:  AMI  audio 


Noise  Pre filter 


LPC10:  Noise  Prefilter 


LPC10:  Noise  Prefilter, 
Max.  Likelihood  Pitch 


JH 

PC  \ 

1  RM 

\  Av 

79.2(0.79)  86.8  (1.91)  88.0(0.88)  64.7(1.01) 


77.7(0.65)  86.6  (0.95)  82.6(0.90)  82.3(0.50) 


II 


77.3(1.69)  82.9  (0.96)  85.4(0.81)  81.9(0.73) 


74.9(1.40)  83.3  (0.71)  83.5(1.47)  80.6(1.02) 


70.3(1.87)  78.1  (1.59)  72.1  (1.32)173.5(1.41) 


63.2(1.38)  77.7(1.15)  74.9(1.14)  71.9  (0.4B) 


Condition:  F-1S 


Interoperable  Systems 


NSA  V42 


Interoperable 


Interoperable:  Analog  P&D 


Interoperable:  Analog  P,  Digital  D 


Interoperable:  Analog  P,  Digital  D 
(alpha= 0.751 


Interoperable:  Analog  P&D,  10  k’s 


Interoperable:  Analog  P,  Digital 
D,  10  k's 


Interoperable:  Digital  P,  Analog 
D,  10  k's 


Freauencv  Domain  LP 


FDLPC10:  5kHz  BW.  Acoustic 
Tube  syn.,  uncoded 


FDLPC10:  5kHz  BW,  Flattened 
ChanVoc  syn..  uncoded 


FDLPC10:  5kHz,  Split  Band  anl„ 
Flattened  ChanVoc  syn.,  uncoded 


FDLPC10:  4kHz  BW.  Flattened 
ChanVoc  svn..  uncoded 


ChanVoc:  4kHz  BW,  LP  coef.,  un¬ 
coded 


JH 

PC  i 

!  RM 

Av 

lEHIKSlESHHSlEiHIESlBHIKSII 


65.2  (2.17)  80.3(1.86)  74.3(2.51)  I  73.3(1.84) 


74.9(1.45) 


76.0  (0.91) 


76.0  (1.17) 


70.7  (1.84) 

80.3  (2.00) 

78.0  (1.83) 

76.3  (1.31) 

76.6  (1.55) 

83.3  (1.38) 

85.0  (1.45) 

81.6  (0.99) 

77.1  (1.65) 

7B.9  (1.50) 

81.5  (2.08) 

79.2  (1.47) 

72.8  (2.26) 

77.9  (1.47) 

70.4  (1.8B) 

86.1  (0.92) 

78.5  (0.52) 

76.3  (0.79) 

71.7(1.57) 

77.2(1.97) 

75.7(1.23) 

74.9(1.18) 

High  Quality  Channel  Vocoder 


FlatVoc:  5kHz  BW,  lOOfps,  6kbps 


FlatVoc:  5kHz  BW,  lOOfps,  Frame 
Fill 


FlatVoc:  4kHz  BW,  50fps,  4kbps 


T elephonics  Ml  01 


Unprocessed:  New  M101 


LPC10:  New  M101 


Miscellaneous  Systems 


LPCM 


LPCM:  P&D  out 


LPC10:  Max.  Likelihood  Pitch 


LPC10:  Pitch  Adaptive  Window 


SEE 


CVSD18 


ESM 


IBHIEWEHIESflEERlSBw 


wzsgmmwmimumamwmam 


Condition:  DESCENT 


Baseline  Systems 


Unprocessed 


LPC10 


Audio  Modifications 


LPC10:  P&D  out 


Miscellaneous  Systems 


LPCM 


LPCM:  P&D  out 


NSA  V42 


FlatVoc:  5kHz  BW,  Bkbps 


JH  Live  JH  Simulated 


Condition: 

DESCENT+  WINDSCREEN 


Baseline  Systems 


Unprocessed 


LPC10 


Audio  Modifications 


LPC10:  P&D  out 


JH  Simulated 


Condition:  F-15A 


Baseline  Systems 


Unprocessed  81.0(1.68) 


LPC10  I  57.9(1.88) 


Unprocessed 


LPC10 


64.2(1.61)  I  83.7(0.79) 
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